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Abstract
Speech enhancement is a field in audio signal processing where the goal is to
improve the quality and/or intelligibility of a speech signal corrupted by noise.
Typical applications include speech communication, speech recognition, hearing
aids, etc. Algorithms making use of microphone arrays exploit spatial diversity
to increase the performance of single-microphone algorithms [1].
However, since the number of microphones that a single device can carry
is typically limited, one solution is to use multiple nodes equipped with both a
microphone array and a wireless communications module to form a system known
as wireless acoustic sensor network (WASN) [2]. This results in a higher spatial
diversity and increased probability to have microphones close to the desired sound
sources, which means having access to high signal-to-noise ratio (SNR) signals.
Such a system comes with technical challenges of its own, in particular energy
efficiency is crucial as nodes are usually powered by batteries. Since wireless
communication is usually more expensive than data processing [3], it is essential
to reduce the data exchange.
In this paper we show how adaptive quantization can be applied to the multi-
channel Wiener filter [4] for speech enhancement in a WASN. Adaptive quantiza-
tion aims to assign, for each microphone in the network, the optimal number of
bits used to encode its samples depending on the usefulness of its signal for the
enhancement task. This helps to reduce the energy consumption of the nodes
since nodes with less important signals need to transmit fewer bits. Our adap-
tive quantization scheme is based on a metric called impact of the quantization
noise, which quantifies the increase in minimum mean squared error (MMSE)
for a linear estimator when quantization noise is added in an arbitrary channel
and the estimator is reoptimized. This metric was shown to generalize the utility
metric, which quantifies the increase in MMSE when a signal is removed from the
estimation and the estimator is reoptimized [5], and used for a greedy adaptive
quantization scheme in [6].
Our contribution is twofold, first we consider the MMSE as a function of the
power of the noise added to each signal, and we show that the impact metric has
two asymptotic cases, the utility [5] when the noise power tends to infinity and
the gradient when the noise power is infinitesimally small. Second, we illustrate
how the impact metric can be used to perform adaptive quantization in a speech
enhancement task using real recorded data and the effect on the total bandwidth
of the network.
References
[1] M. Brandstein and D. Ward, Microphone arrays: signal processing techniques and
applications. Berlin Heidelberg, New York: Springer Verlag, 2001.
[2] A. Bertrand, “Applications and trends in wireless acoustic sensor networks: a sig-
nal processing perspective,” in Proc. IEEE Symposium on Communications and
Vehicular Technology (SCVT), November 2011.
[3] G. Anastasi, M. Conti, M. Di Francesco, and A. Passarella, “Energy conservation
in wireless sensor networks: A survey,” Ad Hoc Networks, vol. 7, no. 3, pp. 537 –
568, 2009.
[4] B. Cornelis, M. Moonen, and J. Wouters, “Performance analysis of multichannel
Wiener filter-based noise reduction in hearing aids under second order statistics
estimation errors,” IEEE Transactions on Audio, Speech, and Language Processing,
vol. 19, no. 5, pp. 1368–1381, July 2011.
[5] A. Bertrand and M. Moonen, “Efficient sensor subset selection and link failure
response for linear MMSE signal estimation in wireless sensor networks,” in Proc. of
the European signal processing conference (EUSIPCO), Aalborg - Denmark, August
2010, pp. 1092–1096.
[6] F. de la Hucha Arce, F. Rosas, M. Moonen, M. Verhelst, and A. Bertrand, “Gen-
eralized signal utility for LMMSE signal estimation with application to greedy
quantization in wireless sensor networks,” IEEE Signal Processing Letters, vol. 23,
no. 9, pp. 1202–1206, Sept 2016.
